Providing appropriate sound eld parameters in the listening area is very important. It often determines the possibilities of being able to use a facility. Assuming that the sound system is a linear object, it can be described by the impulse response. Unfortunately, it is not possible to designate a single impulse response for such a facility because it is a continuous system. Thus each path between the transmitter and the receiver has its own impulse response. Therefore, the authors have made an attempt to synthesize the impulse response for transmitterreceiver paths with suitable parameters of the sound eld in the neighbourhood of the receivers. A technical implementation of the presented synthesis will take place through introduction of additional sources. An experimental determination of the impulse response is relatively simple. The transient response can be numerically determined by using, for example, the nite element method or the boundary element method. Unfortunately, determining the impulse response through simulation of, e.g., planned objects, is much more dicult due to the high computational cost and the lack of precise data on the properties of the materials. For this reason, the authors used an energetic analogue of the impulse response, the echogram.
Introduction
The basic function of a sound reinforcement system is to ensure the required quality of a listening experience. Proper values of parameters describing the sound eld are necessary in order to objectively determine that the appropriate design of a sound reinforcement system has been made.
Simultaneously, the requirements of the sound system are strongly dependent on the type of broadcast.
Sound systems can be divided into the systems for
sound reinforcement in open areas and the systems for sound reinforcement in rooms. Both groups of sound systems are designed to provide the appropriate conditions of listening. These systems have to full the dierent requirements depending on the type of audio broadcasts.
Since the seventies of the last century, more and more sophisticated sound systems are designed and constructed.
They enable, among other things, to change of the room acoustic parameters by, for example, apparent lengthening of the reverberation time. Among these systems, SIAP, IOSONO and LARES [14] should be mentioned as well as other reverberation enhancement systems [5] .
These systems were designed to allow universal use of auditorium halls to reception of dierent kinds of music and speech broadcasts.
At the end of the 1990s, a lot of work on the sound eld reproduction occurred, such as the auralization systems, designed to use for the listening of broadcasts in virtual * corresponding author; e-mail: iczajka@agh.edu.pl rooms and they are used both for design work and entertainment purposes. Some of them use the image source method, such as [6] or [7] . If an acoustic object, understood as the area in which the acoustic wave propagates, is assumed to be linear, it can be described by the impulse response. It is obvious that the acoustic object as a distributed parameter system can be characterised by many impulse responses [11] . Therefore, the notion of the impulse response of the acoustic object will be understood as the impulse response determined between two points the transmission point and the reception point. The concept of the room impulse response shall be understood as the inverse Fourier transform of the spectral transfer function:
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A room impulse response, understood in this way, fully characterises the changes in the signal between the transmission and reception points in the sound eld. Moreover, on the basis of the impulse response of the transmission path, one can calculate the objective parameters characterising the sound eld at the reception point.
Measuring the impulse response of a room is a quite wellknown issue and poses no problem [12] . However, providing a synthetic impulse response of designed objects is much more dicult and often exceeds the cal- The authors participated in creating a sound system based on the inverse image source method [8] . This sound system allows to obtain an acoustic eld in the open space with parameters that are similar to the parameters of the sound eld in enclosures [13] . Simplifying, it can be said that the system is done according to the following algorithm [8, 10] :
• generating a grid of image sources until it reaches the selected row for a given geometry of the reinforcement area;
• nding intersection points of the area's border by rays from the image sources to the receivers;
• determining the position of the real sources based on the concentration of intersection points;
• determining the delay and gain coecients for signals corresponding to individual image sources;
• implementing lter banks of selected reinforcements and delays in each channel.
As has been demonstrated earlier [9] , the sound system allows to obtain, inter alia, spatial sound impressions in open areas.
Posing the problem
The main task is to modify the impulse response (or the echogram) for selected paths from the sound source to the receiver to achieve the required values of parameters characterising the sound eld. The following parameters have been chosen for describing the sound eld at the reception point [14] :
• denition D 50
• clarity C 80
• early lateral fraction
In all of the above denitions, p(t) is the sound pressure measured by the transducer of the omnidirectional directivity pattern, while p ∞ (t) is the sound pressure measured by the transducer of the gureofeight directivity pattern.
Because the selected parameters allow to estimate the quality of a speech signal and music signal of varying nature, in the opinion of the authors they are universal, and at the same time they do not require complex calculations. This is particularly important if the plan is to obtain implementation of this method in real sound systems must be mobile by assumption.
Depending on the type of broadcast, the recommended value of the parameter should be slightly dierent. And so, in order to ensure good speech intelligibility it is necessary that the sound eld parameters take the following values: C 50 > 2 dB; ST I > 0.6; D 50 > 70%; and %AL cons < 10% [15] . On the other hand, the following parameter values are recommended for music: C 80 > −2 dB close to the sound source; C 80 > −5 dB far from the sound source; LF 80 0 = 15%−25% [15] .
An echogram is a graphical representation of the energy reaching the receiver in successive moments of time.
Geometric methods use sound corpuscles that carry portions of energy from the sound source to the receiver; these are subject to the laws of geometric reection and thus reduce their energy according to the sound absorption coecient of the walls from which they are reected.
The subsequent sound corpuscles reaching the receiving point are recorded as the subsequent stripes of an echogram ( Fig. 1) . Respectively, by modifying the sound signal, the required characteristics of the signal at the receiving point may be obtained. In a further part of the considerations, two methods of modifying the signal emitted by the Inverse Sound System for Open Areas will be presented.
Modication of an impulse response
By using the described method, modications of an impulse response can be carried out in two ways. The rst is the introduction of a timevarying sound absorption coecient of the virtual walls of the modelled room.
Another way consist in introducing additional virtual reective planes (Fig. 3) . The results for the walls with a linear change of sound absorption coecient α from 1 to 0 at 100 ms are shown in Fig. 4d . The values of the LF 80 0 coecient at all points are close to the recommended ones.
There are good conditions for a listening experience of dierent genres of music. Speech intelligibility is not too good. This case can be considered as good for pretuning the system to reinforce the music.
The results for the walls with a linear change of sound absorption coecient α from 0 to 1 at 100 ms are shown in Fig. 4e . With such characteristics of the sound absorption coecients, the system reects speech very well.
However, music will be deprived of appropriate aesthetic qualities. This case can be considered as recommended for the transmission of an exclusively verbal broadcast. Poor speech intelligibility occurs in back rows and there is good selectivity of music, but there is a lack of spatial impressions. Therefore, this case should also be considered as not very useful for practical applications.
Summary and conclusions
The sound eld generated by a system based on the inverse image source method can be created for a very wide range of applications. These modications can be described using the impulse responses of paths between the source and the receiver. In the acoustics of rooms, the echogram is the easiest way to obtain an equivalent of the impulse response. 
